Abstract
Introduction
Direction of arrival (DOA) estimation is an important research direction in modern signal processing field, many applications in wireless communication, navigation, geological, and radar systems adopt this theory. MUSIC (Multiple Signal Classification) algorithm, as one of the most famous DOA estimation algorithms, is paid close attention to extensively when solving high resolution problems in radar systems. Recently, with the of development high resolution technology, numerous studies have demonstrated that the conventional MUSIC algorithm is not satisfied for estimating coherent signals, a great deviation occurs between estimated results and real datas. Therefore many researchers are constantly studying this algorithm for DOAs estimation of coherent signals [1] [2] [3] [4] [5] .
In the course of researching eigen-decomposition, we find that DOAs of coherent signals can be estimated by this method combining with MUSIC, consequently correlation coefficients of sources are decreased at the same time [6] . Zuckerman et al. [7] have proposed an algorithm using spatial difference smoothing theory on the basis of MUSIC, which effectively estimated the DOAs of coherent signals. A modified spatial smoothing technique is introduced in [8] , the authors make cross-
Related theory

Toeplitz Matrix
Toeplitz matrix is a special matrix proposed by German mathematician Toeplitz, its specific characteristic is that elements on the every diagonal of the matrix are equal to each other [13] . Consider T represents matrix, which can be modeled as 
The ranks of T and T 0 are equal to 1 N  , that is called full-rank. Depending on this important feature, it is often used in DOA estimation.
Fourth Order Cumulants
Foc is applied to eliminating some special noise in the signal. Assume ndimensional stationary random process x with a zero-mean, whose Foc is defined as ( , , , ) ,
Here      1  2  3  4 , , ,
x is the fourth moment of x, and   , ij kk E x x represents the second moment. According to [1, 5] , consider an array vector ()
Let A be the steering matrix consisting of i vectors, () t S denotes the source signal vector, and () t n is the Gaussian noise vector generated at each array element with a zeromean. The Foc of () t X is defined as   
Let a i (k) denote the k-th element of the i-th steering vector, and s i ( 1,2, iP  ) are independent of each other, hence (5) can be simplified with another expression. 
, ( 1) [
Here "  " represents Kronecker product, white and Gaussian noise are applied to MUSIC as noise model, hence some researchers use Foc to improve the anti-noise performance. Meanwhile the sensor number can be added up to 2 1 MM  , and we can estimate 2 
1
MM  signals at most, that is to say the number of array aperture is equivalently extended.
Signal Model and T-FOC MUSIC
Signal Model
According to [1, 5, 7] , the signal model is established. Assume a uniform linear array (ULA) composed of M isotropic sensors, there are
Where () t S represents the source signal vector consisting of P different incidence signals,
A denotes the steering matrix consisting of steering vectors, and () t N is a Gaussian noise vector which is generated by each array element with a zero mean and variance of 2  . They are respectively defined as
Let  be the carrier wavelength, and the i-th steering vector ( 
According to (8) , the covariance of ()
Here R s
is the covariance matrix of source signals. Let L represent the number snapshots, the array covariance matrix is
T-Foc MUSIC Algorithm
We learn thatR is a matrix of size MM  by the mathematical deduction above, let 
Here 
The array outputR is transformed into R T , whose rank is equal to M, according to the Classical-Toeplitz algorithm [14] , the DOAs of coherent signals can be estimated. After that, Foc is applied to R T , according to (7), 4 R is defined as (20) ( , , , )
( ) ( ) ( ) ( 1,2, , )
The MUSIC spectrum is computed by performing an eigen-decomposition on the matrix R 4 , the space spanned by 2 M eigenvectors produces two disjoint subspaces: signal and noise subspaces [14] . 12 [ 
Here E s denotes the signal subspace consisting of P eigenvectors, and E N is the noise subspace consisting of 2 
MP
 eigenvectors, so the T-Foc MUSIC spectrum is defined as
We work out the mean of () P  to guarantee the reliability, and the mean () P  can be obtained after K calculations. 
Here () P  is the mean value of () P  , meanwhile it is the finial spectrum function.
In the convention MUSIC, the reason why DOAs of coherent signals can't be estimated is that correlation of the signals leads to rank defect of the array matrix, and a deviation comes out between signal and noise subspaces. The proposed algorithm is a deterministic method. When the array matrix T R has a characteristic of full rank, the phenomenon of rank defect mentioned above can be avoided. Meanwhile, the array matrix is only related to the steering matrix, the problem of loss of array aperture generated by the spatial smoothing algorithm can be effectively solved [15] .
Simulation Analysis
To illustrate the validity of the proposed algorithm, we evaluate the performance of T-Foc MUSIC in compar-ison with Classical-Foc [16] , Spatial smoothing [17] , and Classical-Toeplitz [14] with several experiments, which are in terms of resolution, root mean square err-or (RMSE) and calculation time, the source signal can be expressed as Assume n is the snapshot number, and s f denotes the sampling rate.
Experiment 1: the Comparison of Resolution
In the first experiment, consider a ULA of 8 sensors ( 8 M  ) with halfwavelength spaced sensors, we set Figure1 and Figure2 show that the DOAs are accurately estimated by the proposed algorithm even the intervals of the incidence signals are less than or equal to 5°, so we can get a conclusion that it has a better resolution than other decorrelation algorithms under the condition of low SNR.
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As for the simulation in Figure4, we can also find that our work has a lower RMSE than the other algorithms when the sensor number is greater than or equal to 5, and with the sensor number increasing, the RMSE in this algorithm begins to tend to be steady. Figure5 illustrates that the RMSE generated by the proposed algorithm has little to do with the snapshot number; it achieves a better experimental performance in terms of RMSE compared to the other algorithms.
Experiment 3: the Comparison of Calculating Time
In this experiment, we compare the calculation time with other algorithms, we set the snapshot number is equal to [50, 100, 150, 200, 250, 300, 250, 300, 350, 400, 450, 500] respectively,  n =10°, and SNR= 0dB, the calculation time can be obtained by MATLAB, which is shown in Table 1 . Table 1 lists the calculation time of four algorithms. It is shown that T -Foc MUSIC spends more time than Spatial smoothing and Classical -Toeplitz on the simul-ations, but in comparison with Classical-Foc, it has a shorter time.
Conclusion
In the paper we propose a T-Foc MUSIC algorithm for DOAs estimation of coherent signals under the condition of one-dimensional ULA. A new Toeplitz construction method and Foc theory are used to estimate the coherent signals in conjunction with the conventional MUSIC. In contrast to other de-correlation algorithms, the proposed algorithm has some notable advantages. It has a higher resolution under the condition of small angel intervals and low SNR, moreover, a lower and more steady RMSE can be obtained in terms of SNR, sensor number, snapshot number.
